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Abstract
This paper presents a novel approach to target speaker extrac-
tion (TSE) using Curriculum Learning (CL) techniques, ad-
dressing the challenge of distinguishing a target speaker’s voice
from a mixture containing interfering speakers. For efficient
training, we propose designing a curriculum that selects subsets
of increasing complexity, such as increasing similarity between
target and interfering speakers, and that selects training data
strategically. Our CL strategies include both variants using pre-
defined difficulty measures (e.g. gender, speaker similarity, and
signal-to-distortion ratio) and ones using the TSE’s standard ob-
jective function, each designed to expose the model gradually
to more challenging scenarios. Comprehensive testing on the
Libri2talker dataset demonstrated that our CL strategies for TSE
improved the performance, and the results markedly exceeded
baseline models without CL about 1 dB.
Index Terms: target speaker extraction, curriculum learning,
progressive learning, difficulty measure, speaker similarity

1. Introduction
Target speaker extraction (TSE) technology, which isolates the
speech of a specific speaker from a mixture of interfering speak-
ers and noise, is essential in speech separation and is currently
making substantial progress for improved telecommunication,
hearing aids, and automatic speech recognition (ASR) systems.
Despite progress with deep neural network (DNN) models, TSE
is still known to be challenging, especially when speakers have
similar characteristics. Even the latest end-to-end training and
advanced network architectures often struggle with real-world
audio complexities [1, 2]. Thus several attempts have been
made through, e.g., metric learning [3] and post-filtering strate-
gies [4]. Our study remedies these shortcomings in TSE by in-
corporating curriculum learning (CL) [5, 6] into its model train-
ing process.

CL imitates human learning by training machine learning
models on tasks that gradually increase in complexity. This ap-
proach has been effective in computer vision (CV) [7, 8] and
natural language processing [9, 10]. CL is also closely related
to progressive learning [11]. In a narrow sense, CL focuses
on actively selecting training subsets with a suitable difficulty
measure of training samples. In contrast, progressive learn-
ing focuses on continuous learning and gradually increasing the
model capacity to handle the challenging conditions, although
the two terms are sometimes used without distinction. Efficient-
NetV2 [12], a well-known architecture in CV, uses a progressive
training procedure that gradually increases the size of the input
images during training. Progressive learning has been investi-
gated in the past for speech enhancement [13, 14]. [15] pro-
posed signal-to-noise ratio (SNR) values of training utterances

in noise as a difficulty measure to select training data for ASR.
High SNR values, which signify clearer and easier examples,
have been hypothesized to be more informative for estimating
latent variables in a supervised learning context.

For efficient training of TSE models that can handle chal-
lenging conditions, we propose designing a curriculum that se-
lects subsets of increasing complexity, such as increasing sim-
ilarity between target and interfering speakers, and performing
progressive learning, in which a seed model trained on a subset
containing “easy” samples is continuously trained to improve
performance in TSE. Our CL strategies for the subset selection
include both variants using predefined difficulty measures (gen-
der, speaker similarity, signal-to-distortion ratio) and ones using
the TSE’s standard objective function, each designed to expose
the model gradually to more challenging data.

This paper is structured as follows: Section 2 reviews the
task and architecture used for our TSE CL learning. Multiple
proposed CL strategies are described in Section 3. Section 4
shows the experimental conditions and results, and Section 5
concludes our findings.

2. Task and Architecture
2.1. Task Definition

First, we briefly explain the objective of the TSE task. Given
a reference waveform w(rt) = (w1t , · · · , wNrt

) containing
speech signals of target speaker t with Nrt sampling points,
which is used to extract a speaker embedding et = E(w(rt))
via a neural speaker encoder E, TSE aims to output the es-
timated clean speech signals ŵ(t) = (ŵ1, · · · , ŵN ) of the
target speaker only from a given N sampling points mixture
m = (m1, · · · ,mN ) = (s1 + s′1, · · · , sN + s′N ) that contains
target speaker t’s clean speech sample sn, interference speak-
ers’ signal s′n That is,

ŵ(t) = TSE(m, et = E(w(rt)); θ) (1)

where θ is the model parameters.

2.2. TSE Model Architecture

The theme of this paper is CL through data selection and pro-
gressive learning of the TSE model θ. Therefore, it can be
adapted to any DNN architecture. Here we describe the struc-
ture of a modern TSE using Conformer [16] and the ratio mask-
ing of the complex-valued spectrum [17, 18] as an example.
The TSE architecture is shown in Fig. 1. The input sequence
is a time-domain waveform of the mixture m, and the real
and imaginary parts of the short-term Fourier transform (STFT)
spectral sequence are fed into the main conformer blocks.
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Figure 1: The conformer-based TSE architecture. Network de-
tails and loss function can be found in Supplementary materials.

The main body part has stacked conformer blocks to extract
both local and global context features while reducing overall
parameters [19]. Each conformer block comprises two feed-
forward blocks, a multi-head self-attention block, and a con-
volutional block. The initial input of the conformer block
combines these STFT components with the speaker embedding
et extracted from the reference waveform w(rt) of the target
speaker t using a neural speaker encoder E(w(rt)), such as
ECAPA-TDNN [20]. Meanwhile, the inputs to the subsequent
conformer blocks merge the output of the previous block with
the speaker embedding. Then, an additional fully-connected
(FC) layer follows each conformer block, ensuring output di-
mensions equal to the sum of the real and imaginary parts of
the STFT spectra. The estimated real and imaginary masks are
obtained by splitting the output of the final FC layer. The final
prediction is the real and imaginary parts of complex masking
ratios [17] to be multiplied by the complex spectrum of the input
mixture m. Finally, it yields the waveform of the target speaker
t’s clean speech ŵ(t) via the inverse STFT operation.

3. Curriculum Learning Strategy for
Target Speaker Extraction

As noted, the CL for TSE that we investigated is a learning strat-
egy in which the model is trained by progressively changing the
training data from a subset containing more data that are easy
to solve to a subset containing more complex data for which
finding the correct solution is more difficult. In designing such
a curriculum, two important aspects need to be considered: 1)
Identifying training samples are inherently more difficult than
other samples; 2) Determining the optimal timing and extent to
which more complex data should be introduced. The first point
requires a difficulty measure that represents the relative diffi-
culty of extracting the target speaker from each training data
sample; the second point requires an appropriate training sched-
uler that adjusts the order and timing of introducing more com-
plex data subsets during model training.

3.1. Difficulty measures

3.1.1. Gender

Pilot experiments showed that the initial TSE model tended to
be error-prone when the target and interfering speakers were of
the same gender. Therefore, the gender information of the target
and interrupting speakers could also be used as a difficulty mea-
sure. Possibilities are using speaker pairs in which the target
speaker and the interfering speaker are of different genders in

the early stages of learning, and introducing additional speaker
pairs in which the target speaker and the interfering speaker are
of the same gender in the latter stages of learning.

3.1.2. Speaker similarity

Another finding from pilot experiments was that the initial TSE
model is error-prone when the target and interfering speak-
ers are similar. We observed that when the cosine distance
of the target speaker’s and the interfering speaker’s embed-
ding vectors is closer, the SNR improvement using the initial
TSE model is relatively smaller. Therefore, the speaker sim-
ilarity between the target speaker and the interfering speaker
sim = cos (E (s1, · · · , sN) ,E (s′1, · · · , s′N)) may also be used
as a difficulty measure. A possible scheduling strategy is to use
speaker pairs in which the target and interfering speakers are
dissimilar to each other in accordance with their speaker embed-
ding vectors in the early stages of learning and to use speaker
pairs in which target and interfering speakers have more similar
speaker characteristics in the latter stages of learning.

3.1.3. Signal-to-distortion ratio (SDR)

Because TSE training often uses an artificial mixture of the
target speaker’s speech and the interfering speaker’s speech,
the average of the SDR of the target speaker’s signal to the
interference signals can often be directly calculated, that is,
SDR = 1

N

∑N
n=1 10 log10

(
∥sn∥2
∥s′n∥2

)
. This can be used as a dif-

ficulty measure for each training sample. Lower SDRs indicate
that the target speaker would be more difficult to extract due to
distortion caused by the interfering speaker and noise.

3.1.4. SNR

Because our proposed method trains the model gradually, the
initial seed model can be used to extract the target speaker’s
signal, and the resulting SNRs may also be used as a diffi-
culty measure, that is, SNR = 1

N

∑N
n=1 10 log10

(
∥sn∥2

∥ŵn−sn∥2

)
.

Lower SNRs indicate that the target speaker would be more dif-
ficult to extract because the initial seed model can not handle
them properly.

3.1.5. Self-paced

The aforementioned four measures are designed by empirical
knowledge or based on models learned in the past. We also pro-
pose a more dynamic measure based on a model that is being
trained. This measure, called “self-paced” uses the training loss
of the current TSE model, such as SNR and SI-SDR losses [21],
as the difficulty measure and dynamically chooses training sam-
ples within a mini-batch based on the loss threshold. By con-
trolling the threshold, we can design a curriculum.

3.2. Training scheduler

The key step of the training scheduler for our CL strategies apart
from the self-paced one, is simple –— we divide the training
data into subsets based on a difficulty measure, sort the subsets
from “easy” to “hard”, and start training the TSE model param-
eters with the easiest subset. After a fixed number of training
epochs or the convergence of the training loss, the next subset
is merged into the training portion. The model parameters are
further updated using the expanded training portion. This pro-
cess is repeated until all the subsets are merged into the training
portion and until the model parameters are well-trained.

The training scheduler for the self-paced strategy is differ-



Table 1: Dataset and its partitions for this study. No overlap
existed between the test partition and the other two partitions at
either the utterance or speaker level.

Dataset Partition #utterances #speakers
Libri2talker train 127,056 1,172

dev 2,344 1,172
test 6,000 40

ent from the ones for other proposed CL strategies. We form the
training mini-batch using standard random sampling and com-
pute the objective value for each sample within a mini-batch
using the current model that is being trained. The curriculum is
designed by adjusting the threshold that chooses the samples to
be used for computing the averaged value of the objective func-
tion before calculating gradients. For the SNR-based objective
function, like other CL strategies, we gradually decrease the
threshold so that “easy” samples are dominantly used to com-
pute the gradient initially, and more difficult data are also con-
sidered at the later stages of the training. This approach helps
deal with difficult samples that are challenging to process at the
early stage of learning, improving the stability of the training
and thus the generalization ability of the network.

4. Experiments and Results
4.1. Dataset

To assess the proposed CL strategies for target speaker ex-
traction, We employed the Libri2talker [22] configuration, a
simulated 2-talker mixture audio dataset derived from the Lib-
riSpeech dataset [23]. Libri2talker expanded the Libri2mix [24]
dataset by alternating the target and interfering speakers and by
reusing each 2-talker mixture used twice. The statistics of each
partition are shown in Table 1.

4.2. Experimental conditions

We first brief the feature extraction. The sampling frequency
used for this study was 16 KHz. All reference speeches were
either padded or segmented with a length of 15 seconds, while
all mixture speeches clipped to 6 seconds. Speaker embeddings
were extracted using an ECAPA-TDNN [20] pre-trained on the
VoxCeleb2 dataset [25]. For computing the STFT of the mix-
ture signal, we set the window length and hop size to 32 ms and
8 ms, respectively, with an FFT length of 512.

Let us move on to the training hyper-parameter setup. The
optimizer was Adam [26], starting with a learning rate of 1e-3.
Following the similar scheme from [27], it gradually increased
during the first 5000 batches, then applied a decay to reduce the
learning rate, ensuring it did not fall below 1e-5. Each model
was trained with different random seeds three times to obtain
averaged results. In each mini-batch, the model processed 48
pairs of target and interfering speakers.

The improvement in performance of the proposed CL
strategies was evaluated using on an SDR calculation. The im-
provement in SDR (iSDR), measured as the relative increase in
SDR compared to the mixture, was evaluated. All the proposed
CL strategies except the self-paced method have 2 phases. In the
1st phase, the TSE model was trained in 100 epochs on “easy”
samples, which were chosen in accordance with the difficulty
measurers described in Section 3. The 2nd phase built on the
model of the 1st phase and continued training for 5 epochs. In
the 2nd phase, all the samples of the training set instead of the
selected ones were used. The details of the data selection for
each CL are presented as follows:

Random: This method served as the baseline for the study.
The TSE model was trained for the 100 epochs, where the
training set was randomly sampled to create the mini-batches.

Gender: The “easy” samples were selected via different gen-
ders between the target and interfering speakers in the 1st
phase, in accordance with the description in Section 3.1.1.
The gender information of the speakers could be acquired via
meta-labels provided within the dataset.

Speaker similarity: The “easy” samples were selected from
the training partition with low speaker similarity between the
target and interfering speakers via a threshold τspk at the 1st
phase1. Consequently, three distinct values were assigned to
τspk ∈ [0.5, 0.6, 0.7], and they were fixed throughout the
training process.

SDR: The “easy” samples for the 1st phase were selected
based on the SDR threshold τSDR for each training sample.
In this study, we systematically varied τSDR across a range
from -5 dB to 5 dB with 1 dB increments, resulting in the
evaluation of eleven conditions.

SNR: The “easy” samples for the 1st phase were selected
based on the SNR threshold τSNR of each training sample2.
Here, τSNR was varied from 0 dB to 10 dB, with increments
of 5 dB, resulting in the evaluation of three conditions.

Self-paced: The self-paced CL requires a more sophisticated
training scheduler comprising five distinct phases across the
100 epochs. We only back-propagate the gradients from the
data in a batch where the loss (SNR, specifically) was greater
than a threshold τSP . Initially, the model underwent 1 epoch
of training with the entirety of the training data. Subse-
quently, the training proceeded through 3 phases demarcated
by triples, denoting the (start epoch, end epoch, τSP ) con-
figurations. Specifically, these phases were instantiated as (1,
30, 10 dB), (31, 60, 5 dB), and (61, 80, 0 dB), respectively.
Finally, the model underwent the last phase comprising 20
epochs, utilizing the entire training data.

4.3. Results

Results on the test set using random selection, Gender, Speaker
similarity, SDR, and SNR based CL are shown in Table 2. Note
that the 1st phase took 100 epochs and the 2nd phase was con-
ducted for a further 5 epochs. The optimal thresholds τ for each
difficulty measure is tuned on the dev set. Below are the find-
ings.
Random: Training for 100 epochs with random sample selec-
tion reached a 12.50 dB SDR, with an additional 5 epochs yield-
ing a minor 0.07 dB increase. This served as the baseline.

Gender: For convenience, in the table we use τgender ∈
[Same, Different] to indicate if the gender between the tar-
get and interfering speakers are same. The gender-based CL
method resulted in worse than with random selection, with the
resulting iSDR returned by the 2nd phase being -1.1 dB com-
pared with the baseline.

Speaker similarity: The results underscore the efficacy of co-
sine distance-based speaker similarity as a reliable difficulty
measure within the proposed CL framework. Remarkably, set-
ting τspk to 0.6 resulted in a notable improvement of 13.44 dB.

1Strictly speaking, there are 3 phases if training the speaker encoder
is seen as 1 phase, but here it’s treated as an external step.

2The TSE model used for the SNR calculation was from the baseline
method. Similar to the treatment of the speaker encoder above, the SNR
calculation was treated as an external step.



We computed iSDR for all samples in the test set to gain fur-
ther insights on how the CL method using the speaker similarity
difficulty measurer improved the TSE model in the 2nd phase
compared with the baseline. We then performed kernel density
estimation on the obtained SDRs and derived cumulative den-
sity functions (CDF), as depicted in Figure 2. The ’Random
Select’ method demonstrates a higher CDF probability than the
CL methods when the iSDR is low, indicating that it contains
more samples with minor or negative improvement compared
to the proposed method. As the iSDR increases, the gap be-
tween them becomes smaller, suggesting that the proposed CL
methods includes more samples with large improvement.

Table 2: iSDR(dB) results on the test set using the CL-based
TSE. “Used data” shows the percentage of the used data among
the whole dataset in the 1st phase. The 1st phase results were
from the systems trained using “easy” samples. The 2nd phase
results were from the systems additionally trained using all sam-
ples based on the model weights in the 1st phase.

Optimal τ Used data 1st phase 2nd phase
random - 100% 12.50 12.57
τgender Different 50.0% 7.64 11.40
τspk 0.6 83.8% 13.03 13.44
τSDR 1 44.3% 8.75 13.40
τSNR 10 82.4% 12.79 12.99

Figure 2: Cumulative density function of prediction results from
the TSE model based on speaker similarity. Here, larger CDF
values indicates higher selected proportion of corresponding
iSDR(dB) in the corresponding system. “Threshold” corre-
sponds to τspk in Section 4.2. “Random Select” is the baseline.

Figure 3: iSDR changes on the dev set with τSDR in two train-
ing phases, along with data usage percentage in the 1st phase.

SDR: When τSDR is set to 1, the iSDR increases from 8.75
in the 1st phase to 13.40 in the 2nd phase. To further validate
this trend, we plot the iSDR changes on dev set across different
thresholds for the 1st and 2nd phases in Figure 3, along with the

Table 3: iSDR(dB) results on the test set using the self-paced
CL divided by 5 phases, as described in Section 4.2.

1st phase 2nd phase 3rd phase 4th phase 5th phase
3.30 7.79 10.93 12.66 13.54

Table 4: iSDR(dB) of CL methods with different architecture.

Networks random similarity(0.6) self-paced
Naive-BLSTM 8.09 8.30 9.60

SpeakerBeam[28] 9.47 9.78 9.88
VoiceFilter [29] 6.90 7.17 7.54

percentage of data used in the 1st phase. The first observation
indicates a consistent increase in iSDR across all thresholds,
confirming that gradually exposing the model to more challeng-
ing samples is effective for achieving better performance. Ad-
ditionally, the selection of the optimal threshold to balance be-
tween ’easier’ and more complex data is sensitive and crucial.
SNR: While the results using speaker similarity as the diffi-
culty measure achieves promising results, utilizing similar data
proportion scheme, the SNR-based difficulty measure achieves
rather marginal iSDR improvement. This further enhances the
importance of designing proper difficulty measures for the CL.
Self-paced: The results using the self-paced CL are shown in
Table 3. After the five designed phases specific for this strat-
egy, 1.04 dB relative improvement over the baseline is observed,
which is the best across all the proposed methods. In the 4th
phase, the model only back-propagates the gradients when the
SNR loss is no less than 0. At this point, without considering
training with the complex data, improvements over the baseline
have already been achieved. The negative SNR loss may corre-
spond to the extraction of the wrong speaker, and setting such
cases to later phases is beneficial.

In summary, the self-paced CL approach stands out with
the best iSDR improvement. Meanwhile, it is worth noting that
compared with the alternatives, this method may entail greater
complexity in design and training. If one wants to maintain
a balance between performance and engineering efforts, the
speaker similarity-based CL can be a pragmatic choice. No-
tably, it yielded the second-best iSDR across all the methods
and is relatively straightforward to utilize.

Table 4 presents the results obtained using two CL strate-
gies with different architectures using the best parameters
above. Naive-BLSTM, utilizing the same input and output man-
ner as the Conformer TSE, merely replaces the 4 Conformer
blocks with a 2-layer 512 BLSTM. This model with self-paced
method significantly improved 1.51dB than the random selec-
tion method. SpeakerBeam employs the same structure as [28],
while VoiceFilter simply substitutes d-vector in [29] with the
speaker embedding based on ECAPA-TDNN described above.
Reflected in the table, the two selected CL methods consistently
shows improvement compared to random selection.

5. Conclusion
This paper has presented several CL strategies tailored for
modern neural TSE models based on multiple well-established
thresholds for difficulty measures. All strategies share a com-
mon underlying principle of gradually introducing more chal-
lenging training data, each employs a difficulty measure based
on the thresholds to discern between ”easy” and difficult sam-
ples. Through extensive evaluation on the Libri2talker, our
study has showed that our proposed CL strategies are able to
substantially enhance the performance of de facto TSE models.
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